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EP 0 577 902 B1 
Description 

Technical Field of the Invention 

5 This invention relates to digital decimation and filtering devices and particularly to a decimation filter for converting 

a train of sigma-delta pulses into a corresponding train of Pulse Coded Modulation samples. 

Background art 

The sigma-delta technique is of great interest for realizing linear, accurate and simple analog-to-digital converters. 
Sigma-delta coders and decoders generally require the use of decimation circuits necessitating a great number of 
electronic components. For that reason, decimation circuits are embodied by means of Very Large Scale Integrated 
Technology (VLSI) components. 

Figure 1 shows the traditional basic structure of an analog-to-digital converter which uses a sigma-delta converter 
(130) for converting an analog Input signal existing on a lead 110 in a train of sigma-delta pulses on a lead 120. The 
train of sigma-delta pulse comprising a high level of out-of-band quantization noise is then entered into a decimation 
filter 170 for converting the sigma-delta pulses into a sequence of Pulse Coded Modulation (PCM) samples on lead 
140. For that purpose, decimation circuit 170 includes a low-pass digital filter 150 for suppressing the above out-of- 
band quantization and for avoiding in-band aliasing during the decimation process. Decimation circuit 170 also includes 
the specific decimation element which samples down the output signal of low-pass filter. This is simply achieved by 
taking one PCM sample over N samples. N is called the decimation factor of the process. 

Figure 2 illustrates a traditional simple-loop sigma-delta converter, which is based on an operational amplifier 214 
and a DJatch 215. The signal to be coded is entered, after an appropriate suppression of the DC component existing 
on the analog signal by means of a capacitor 210, in an Integrator based on OA 214, resistor 211 and capacitor 213. 
2S The output of OA 21 4 is transmitted to the DJatch 21 5. which non inverting output is transmitted back to OA 214. Thus 
DJatch 21 5 generates, at the rate of a sigma-delta clock existing on its clock input lead, a train of sigma<lelta pulses 
which average voltage value corresponds to the analog signal to be converted, the non inverting input of OA 214 Is 
generally connected to a reference voltage Vref which Is fixed at a value being equal to (+V + 0V)/2, with +V and OV 
being the power supply voltages of D-latch 21 5. However, it appears practically impossible to have a value Vref being 
30 strictly equal to the ideal value (+V + -V)/2 and a difference of at least some millivolts still exists. This difference results 
in a DC component appearing in the codage at the output of latch 215 which disturbs the further signal processing 
operations which are carried out on the signal. Indeed, the effect of a DC component in the sigma-delta coding process 
appears as a non-linear distortion which spoils the further linear digital signal processing mechanisms which are used 
In telecommunication equipments, such as Data Circuit Terminating Equipments (DCE): equalization or the clock re- 
35 covery processing systems. 

Known solutions for suppressing the above DC components are based on an additional analog circuit which is 
connected to the positive input of OA 21 4, introducing a feedback value of the sigma-delta pulses so that to compensate 
for the DC component therein included. This solution appears however limited since it only achieves rejection rates 
about 40 dB approximately 

40 Another solution for the compensation of the DC component which is Introduced during the sigma-delta pulses 

coding consists in using during the further digital signal processing operations carried out by the DSP processor a 
specific non-linear algorithm designed to handle this DC component. This solution appears much more accurate but 
unfortunately entails a substantial drawback since that algorithm would necessitate non-negligible digital signal 
processing resources from the DSP processor. Indeed, when the oversampling frequency increases, the digital re- 
sources requiring for such an algorithm tends to become high. For instance, in the case of a base-band or digital 
modem operating at a bit frequency of 72kbps, and also with the assumption of an oversampling frequency of 144 Khz 
with a DSP operating at a 15 MHz rate, it appears that only about 100 elementary cycles of the digital processor are 
available for the processing of one given sample. Therefore, an additional algorithm for suppressing the DC component, 
although only requiring a few elementary cycles from the DSP processor, would however use few percent of the whole 
^0 digital processing resources. 

US-A-4,943,B07 discloses a digitally calibrated delta-slgma analog to digital converter that provides a suppression 
of the DC component. 

IEEE International Solid State Circuits Conference 34 (1991) Feb, pages 238-239 and 320 (LERCH) discloses a • 
monolithic sigma-delta A/D and D/A converter with filter for broadband speech coding. 
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Summary of the invention 

The problem to be solved by the object of the present invention is to accurately suppress the DC comonent existing 
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in the sigma-delta pulse train prior 1o its f uther processing by a digital signal processor so that no additional processing 
resources are required from the latter, and to process saturation condition. This problem is solved by DC component 
suppression mechanism as defined in claim 1 . Basically, the mechanism is located within the decimation circuit which 
includes a register which is loaded during an initialization period with a digital value corresponding to the average value 

s oi the DC component which is computed by the DSP processor, and a subtracting circuit for directly subtracting. the 
value stored into the register frorri the PCM words before the latter are entered into the digital processor. Therefore, 
the computed PCM samples appear free of any DC component which might have been introduced during the sigma- 
delta coding. That DC compensation is accurate and does not necessitate additional digital signal processing resources 
from the DSP processor during the operative phase following the initialization period. Preferably the decimation filter 

10 comprises means (406) for detecting a saturation occurring in the computing of the PCM sample, and responsive to 
said saturation detection, for transmitting a predetermined PCM sample to said DSP processor corresponding to the 
" minimum or maximum value of the PCM sample that the decimation filter is capable of computing. 

Descriptbn of the drawings 



Figure 1 shows the basic structure of a A/D converter using a sigma-delta coder which could incorporate the circuit 
according to the invention. 

Figure 2 illustrates a known simple loop sigma-delta converter. 

Figure 3 illustrates the structure of a decimation circuit converting the train of sigma-delta pulses in Pulse Code 
20 Modulation (PCM) samples. 

Figure 4 shows a circuit for the generation of the clock signals which are required in the sigma-deita/PCM conver- 
sion process. 

Figure 5 illustrates the DC suppression mechanism according to the preferred embodiment of the invention for 
suppressing the DC component into the PCM samples, 
25 Figure 6 details the specific saturation circuit 406. 

Figure 7 illustrates a double-loop sigma-delta converter which is used in the preferred embodiment of the invention. 
Figure 8 shows the circuit for generating the fs clock on lead 708. 

Description of the preferred embodiment of the invention. . 



With respect to figure 3, there is described below the decimation circuit which is used in the preferred embodiment 
of the invention. This decimation circuit is particularly described in the above mentioned patent application n" 
91480114.7 which is therein incorporated by simple reference. Briefly this decimation circuit includes counting means 
(321 , 331 , 341 ) which is driven by the sigma-delta clock and continuously incremented by two during N following sigma- 

55 delta clock pulses and then incremented again by one during N following sigma-delta clock pulses in order to provide 
a sequence of incrementation parameter DELTA(n). There is also included storing means (320, 330, 340) for storing 
the value of a coefficient C(n) corresponding to the decimation filter transfer function, and means driven by the sigma- 
delta clock for incrementing the storing means with the incrementation parameter DELTA(n). At last, the computing 
means includes means for deriving from the contents C(n) loaded in the storing means and from the continuous train 

40 of coded sigma-delta samples S(i+n) one Pulse Coded Modulation (PCM) sample every 3xN input sigma-delta samples. 
As explained in the above mentioned patent application, since the coefficients C(n) required for the computation of the 
PCM sample are directly and on-line computed with the reception of the sigma-delta pulses, a decimation process with 
a variable decimation factor is easily provided without requiring the use of further digital signal processing resources. 
More particularly, the decimation filter receives a train of sigma-delta pulses on an INPUT SPL lead 301 and which 

45 converts it into PCM words on a PCM data bus 303. To achieve this, the device also receives the oversampling frequency 
clock fs (C) on a lead 300 and the PCM clock on a lead 302. The computation of one PCM sample is achieved by 
means of three separate calculations which are respectively performed by three corresponding computation blocks 
350, 360 and 370, each computation block computing one PCM sample from a set of 3xN input samples received on 
lead 301. Because the three computing blocks 350, 360 and 370 are based on a similar structure, fully described in 

so the above mentioned European patent application, only the.structure of the first one is fully recalled with all the details. 
The computing blocks 350, 360 and 370 are respectively driven by a set of three phase-delayed clock RO,, R1 and R2 
which are generated by a decoding circuit 310 receiving the PCM clock on lead 302 as shown in figure 4. Decoding 
circuit 310 respectively generates the set of three phase-delayed clocks RO, R1, R2 on a set of three leads 304, 305 
and 306 at a frequency being the third of the value of the frequency of the PCM clock as shown in the figures 7c, 7d, 

55 7e and 7f accompanying the above mentioned patent application. It should be noticed however that the decoding circuit 
310 could be replaced by the circuit described in European patent application n** 9148011 5.4 which is therein incorpo- 
rated by reference and which provides a control of the phase of the generation of the PCM samples. The use of the 
three computing blocks 350, 360 and 370 allows the whole generation of one PCM sample every N input samples S 
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(!) which eventually provides a full down -sampling process with the desired decimation factor N. 

The first computing block 350 includes a COEFFO register 320 for storing the value of the coefficients C(n) which 
will be used in the filtering and decimation process, the latter register having an input bus connected to a corresponding 
output bus of an ADDERO adding circuit 327. Block 350 further includes an ACCUO accumulator 322 having an input 
s bus connected to the output bus of ADDERO adding circuit 327. ADDERO. 327 is alternatively used for computing the 
new calculated coefficient and also the partial PCM result: COxSi + C1xS(i+1) + C2xS(i+2) ... formed with the train Si 
of sigma-delta pulses. A counter 311 receives the PCM clock on lead 302 at its clock input and also the RO clock at its 
reset input existing on lead 304. Counter 311 generates a control signal for INCCTRO counter 321 which is used for 
continuously generating the values of DELTA(i) required for the computation of the series of C(n) coefficients. The 

10 update of the contents of counter 321 is performed either by an incrementation of one, or a decrementation of two 
according to the state of the output of counter 311. The output bus of INCCTRO counter 321 is connected to a first 
input bus of a MPXO multiplexing circuit 324 having a second input bus which is connected to the output bus of accu- 
mulator 322. MPXO multiplexor 324 is controlled by the oversampling clock fs(c) on lead 300. MPXO multiplexing 
circuit 324 has an output bus which is connected to a first input bus of an ADDERO adding circuit 327, which circuit 

IS 327 having a second input bus connected to the output bus of a XOR circuit block 323. XOR circuit block 323 is a set 
of XOR circuits having each a first input which is connected to the output of a AND gate 326 and a second input 
connected to the corresponding lead of output bus of register 320. AND gate 326 has a first input which receives the 
oversampling clock fs(c)on lead 300 and a second input receiving the input sample of the train of sigma-delta pulses. 
The output of AND gate 326 is also connectedto the "Carry in" input of the ADDERO. The output of ACCUO accumulator 

20 322 is connected to the input of gates 325 which transmits the computed PCM sample every 3xN sigma-delta clock 
pulses at a first input of a set of OR gates. COEFFO circuit 320, INCCTRO counter 321 , ACCUO accumulator 322 and 
gates 325 receive the first RO clock which is generated by decoding circuit 31 0 shown in figure 4. COEFFO circuit 320, 
INCCTRO counter 321 and ACCUO accumulator also receives the oversampling clock c existing on lead 300. 

As explained in the above mentioned patent application, the operation of the filtering/decimation circuit is as follows: 

25 Considering the first computing block 350: at every clock period of the oversampling clock fs (c) existing on lead 300, 
counter 321 generates the following element of the sequence DELTA(i) by means of either an incrementation of one 
or a decrementation of two according to the state of the output of counter 311 . Then, the update of the coefficient c(n) 
is performed in register 320. To achieve this, during the first half of the oversampling clock period fs(c) - ie when the 
fs clock on lead 300 is at its low level - MPXO multiplexing circuit 324 transmits the value DELTA(i) carried by the output 

30 bus of INCCTRO counter 321 to the first input bus of ADDERO circuit 327. The second input bus of ADDERO circuit 
327 receives the contents of COEFFO register 320 via XOR 323 because the output of AND gate 326 is set to a low 
level since the oversampling clock fs (c) on lead 300 is also at a low level. Similarly the input Carry in of ADDERO Is 
at a low level. ADDERO circuit 327 therefore performs the computation: C(n) = C(n-1) + DELTA(n-l) and the result C 
(n) is stored into COEFFO register 320 at the rising edge of the sigma-delta clock period, that is to say at the end of 

35 the first half of the sigma-delta clock period. During the second half of the oversampling clock period - ie when the 
latter clock signal is at a high level -MPXO multiplexing circuit 324.transmits the contents of ACCUO accumulator 322 
to the first input bus of ADDERO adding circuit 327 while Its second input bus receives the output of XOR gates 323. 
XOR gate 323 transmits to ADDERO adding circuit 327 the contents of COEFFO register 320 or its inverse according 
to the value of the input sample SPL which is existing on lead 301 during the second half of the oversampling clock 

40 period. In the same time, the value of the input sample SPL is presented to ADDERO Carry in input through AND gate 
326. 

During that second half of the sigma-delta clock period, the input sigma-delta sample S(i-f n) on lead 301 is multiplied 
by the value of the coefficient C(n) stored into register 320 and the result C{n)xS(i-j-n) is added to the contents of 
ACCUO accumulator 322 by ADDERO adding circuit 327. The result of the latter addition, ie the partial computation 

45 of the PCM sample C(0)xS(i) + C(1 )xS(i+1 ) +C(2)xS(i+2) ... is loaded into ACCUO accumulator 322 on the falling edge 
of the oversampling clock fs. ie at the end of the second half of the clock period of the sigma-delta clock fs. INCCTRO 
counter 321 is used to continuously generate the sequence DELTA(i) which is needed in the computation of the PCM 
sample by control block 350, as explained in the above reference patent application, and is controlled by counter 311 
as follows: when the output of counter 311 is set to a low level, INCCTRO counter 321 is incremented by one when 

50 the oversampling clock fs(c) on lead 300 switches to a high level. Conversely, when the output of counter 31 1 is set to 
a high level, INCCTRO counter 321 is decremented by two on the rising edge of the oversampling clock period on lead 
300. Therefore, INCCTRO counter 321 stores at every clock period, and more accurately at every half of the oversam- 
pling clock period when the latter switches to a high level, the value of DELTA which will be used to update the value 
of the coefficient needed to compute the PCM sample in accordance with the relation C(n) = C(n-1 ) + DELTA(n-1 ). The 

55 latter update of the value of the coefficient C(n) occurs during the first half of the next clock period. RO clock generated 
by decoding circuit 31 0 of figure 4 is used to reset the different registers and counters: COEFFO register 320, INCCTRO 
counter 321, and counter 311 are reset when the RO clock on lead 304 switches to a high level. Conversely, ACCUO 
accumulator 322 is reset when the latter RO cicok switches to a low level. Moreover, counter 311 switches at every 
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rising edge of the PCM clock on lead 302. Therefore, when the RO clock on lead 304 switches to a high level, counter 
.311 is reset and its output is set to a low level: the INCCTR counter 321 is then incremented by one during a set of N 
oversampling clock periods. At the next PCM pulse on lead 302, the output of counter 311 switches to a high level and 
INCCTRO counter 321 is decremented by two during a set of N oversampling clock period. Similarly at the next pulse 
s of the PGM clock on lead 302, the output of counter 311 switches again to a low level and INCCTRO counter 321 is 
incremented again by one during a set of N oversampling clock periods. At the end of the 3xN consecutive oversampling 
clock periods, the ACCUO accumulator 322 is loaded with the value of one PCM sample derived from the sigma-delta 
pulses according to the formula: 

10 . 

3N-1 

£ C(n)xS(i+n) 
n=0 

IS 

The PCM sample is transmitted to the output of gates at every pulse of the RO clock and received at the first input of 
OR gate 314. Since a number of 3xN input samples have been required to generate the PCM output sample which 
was computed by block 350, the PCM samples generated by block 350 appear at a frequency of f s/3. Computing blocks 
360 and 370 operate in a similar fashion but are phase-delayed with respect to the operating of computing block 350. 

20 Indeed, block 360 (resp. block 370) is driven by the phase-delayed R1 clock (resp. R2) which is generated by decoding 
circuit 310 on lead 305 (resp. 306) shown in figure 4. The full operations of those additional computing blocks are 
clearly described in the above mentioned application. Consequently, the set of three computing blocks 350, 360 and 
370, each generating one PCM sample every 3xN input sample which is transmitting to one input of OR gate 314, 
produces a train of PCM samples at a frequency of fs/N. The output of OR gate 314 is connected to the input of a 

2S register 315 which provides the series of PCM words on a PCM data bus 303 at the desired fs/N frequency 

As mentioned above, there appears in the sequence of PCM words generated at the output of register 315 a DC 
component which might disturb the linear digital signal processing operations which will be performed by the DSP (not 
shown in the figures), tor instances carrying out further equalization algorithms, or clock recovery operations in the 
case of a modem. The DC component is suppressed by means of the additional circuit illustrated in figure 5 and which 

30 will now be described. Register 315 stores the PCM sample, comprising 26 bits (with a sign bit) In the preferred em- 
bodiment of the invention, which appears on the PCM data bus 303. A selector 400 is used for limiting the length of 
the PCM word which will be processed so that currently available 1 6bits-register can be used for the further processing 
operations. The output of register 400 is a bus 401 which is connected to a first input bus of an adding circuit 402, 
which second input bus 403 is connected to the output of a register 404. The output of adding circuit 402 is connected 

35 to the input of a three-ways selector 405 which. is controlled by a saturation detector 406 via control a SAT + lead SAT 
41 2, a SAT- lead 41 3, and a No SAT lead 41 4. According to the values carried by the latter control leads, selector 405 
transmits the word existing either on its first input (that is to say word 7FFF representative of the fact that a PCM sample 
corresponding to a maximum analog value has been decoded), either on its second input (ie word 8000 corresponding 
to a minimum analog value which has been decoded) or the word existing on bus 411 at the output of adding circuit 

40 402. Saturation circuit 406 also provides the Digital Signal Processor (not shown in the figure) with an ALERT signal 
indicating the appearance of a saturation in the converting process. The output of selector 405 generates a train o1 
PCM samples corresponding to the analog signal, from which has been extracted the initial DC component as will be 
described hereinafter. Register 315 has a length which is designed to correspond to the maximum value of the deci- 
mation factor N which is needed. In the preferred embodiment of the invention, bus 303 has 26 bits B1-B25 and BS1 , 

45 B1 being the least. significant bit (LSB), B25 the niost significant bit (MSB) and BS1 the sign bit. More generally, the . 
size of PCM SPL register 315 should be chosen so that it permits the storage of N to the third. The DC component is 
suppressed from the PCM sample as follows: during an initialization period, the digital signal processor (not shown in 
the figure) controls selector 400 by means of control bus 41 0 so that to select the most significant bits carried by 26-blt 
bus 303. This results in a residual 15-bit-bus to which is added the sign bit BS1 of bus 303 in order to constitute a 

50 16-bit-bus 401. The selection of the appropriate 15 bits among the 25 bits of bus 303 is achieved as follows: if the 
decimation factor N is comprised within 1 and 32, Digital Signal Processor controls selector 400 so that to select bits 
B1-B15, ie bits B1-B15 are transmitted to the output of selector 400 on bus 401. If however, the decimation factor N 
has a value comprised within 33 and 50, selector 400 is controlled so that to select bits B3-B1 7. If the decimation factor 
N is comprised within 51 and 80, selector 400 selects bits B5-B19. If the decimation factor N is comprised within 81 

55 and 128, then selector 400 selects B7-B21. If the decimation factor N is comprised within 129 and 160, then selector 
400 selects B8-B22. If the decimation factor is comprised within 161 and 202, selector 400 selects B9-B23, For a 
decimation factor comprised within 203 and 256, selector 400 selects B10-B24. At last, for a decimation factor com- 
prised within 257 and 322, selector 400 selects B11-B25. It appears that the selection of the 15 bits among 25 bits 
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• 



progresses from 2 for the low values of the decimation factor (ie for N being Inferior to 128) and from 1 for the higher 
values of the decimation factor N (for N being superior to 128). 

Therefore, the 16 most significant bits among the 26 bits of the accumulator are selected. Since the stgma-delta 
coder provides a maximum accuracy of 15 or 16 bits, the latter selection of 16 MSB does not jeopardize the overall 
5 precision of the circuit. 

The selection of 15 bits among the 25 bit bus existing on bus 303, to which is added the sign bit also extracted 
from the PCM data bus 303, permits the use of a standard 16-bit-bus 401 . This allows the use of a simple circuitry 
based on a 16-bits structure (particularly register 404, adding circuit 402, selector 405) while authorizing an accurate 
DC suppression effect in the decimation process. 
10 During an Initialization period, the Digital Signal Process first performs a computation in order to determine an 

average value of the DC component which is introduced in the train of PCM samples. This is achieved as follows: 

The mean value of the signal x is computed by means of the following relation: 

N 

M - Mean value = 2. I x. 

N i=l ^ 

20 It appears that a high accurary is provided when the value N is high. In order to get a continuous estimation of the 
mean value, It is preferable to use the following relation. 



N-1 1 



for every new sample x^ 

After a convergence period, Mk gives an appropriate estimation value. 

Then, DSP processor loads the inverse of that computed digital value, being coded in 16 bits among which is a 
sign bit BS3 transmitted to saturation detector 406, into register 404 so that the result of the adding operation performed 
30 by adding circuit 402 is a suppression of the estimated DC component value. Then, the initialization period completes 
and the DSP enters In a second operational phase during which the actual data transmission is allowed. During that 
second phase, the train of sigma-delta pulses which Is produced at the output of sigma-delta converter, hereinafter 
described in reference with figure 7, is converted by the three parallel computing blocks 350, 360 and 370 of figure 3, 
in order to generate an unique sequence of PCM 26-bits-samples on bus 303 at the rate of fs/N. Correlatively, selector 
400 which is under control of the Digital Signal Processor generates a sequence of limited 16-brts-samples (comprising 
the sign-bit BS1 existing on bus 303) which is transmitted to adding circuit 402 by means of bus 401. Adding circuits 
generates the result of the DC compensation which is coded in 15 bits plus a sign bit BS3 which is transmitted to 
Saturation detector 406. 

Saturation detector 406 is particularly Illustrated in figure 6. As shown in the figure that circuit receives the values 

40 of BS1 , BS2 and BS3 and derives the four following control signals: SAT+ on lead 41 2, SAT- on lead 41 3, No_Sat on 
lead 414 which are transmitted to selector 405 of figure 5, and at last an alert control signal on a lead 407 which is 
transmitted to the Digital Signal processor to inform the latter that a saturation effect has been detected. With respect 
to figure 6, saturation detector 406 comprises an AND gate 501 having a first and second Input leads respectively 
receiving BS1 and BS2 and a third Inverting Input lead receiving BS3 bit. The output of AND gate 501 generates the 

45 SAT- signal on lead 41 3 and is connected to a first Inverting input lead of AND gate 503. Saturation detector 406 further 
includes a second AND gate 502 having a first and second inverting input leads respectively receiving BS1 and BS2 
signals and a third non-inverting input lead receiving BS3 signal. The output of AND gate 502 generates SAT+ signal 
on lead 412 and Is also connected to a second inverting input lead of AND gate 503. The output of the latter gate 
eventually generates NO_Sat signal on lead 414, which, when inverted by means of inverter 504, produces ALERT 

so signal on lead 407 which is transmitted to DSP processor. 

With respect to figure 5 again, the three control signals SAT- SAT+ and NO_Sat are received by selector 405 
which operates as follows: if NO_Sat signal is at a high level, then the contents of bus 411 is directly transmitted to the 
output bus 408 of selector 405. If however, SAT-i- signal Is at a high level, selector 405 transmits the digital value 7FFF* 
existing on its first input bus to bus 408. At last, if SAT- signal is at a high level, selector 405 transmits the digital value 

ss '8000' existing on its second Input bus, to output bus 408. Therefore, bus 408 carries a sequence of PCM samples 
which is not affected by the existence of any DC component and which can be directly processed by processor during 
the second operational phase. Since the DSP processor is only involved during the first initialization period for com- 
puting an estimated value of the DC component which has been introduced into the PCM samples during the coding 
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process, it appears that no age digital processing resources from the latter are required during the second operational 
phase the latter can be fully affected to other processing operations such as echo-cancellation, clock recovery, or 
equalization procedures. 

Referring now to figure 7, there is shown the preferred' embodiment of the sigma-delta converter used in the A/D 

5 converter of the invention and which is based on a double-loop structure. This sigma-delta converter is particularly 
described in European patent application 91480009.0 entitled "sigma-delta converter", filed on January 17th 1991, 
assigned to the assignee of the present application and which is therein incorporated by simple reference. With respect 
to the figure, the DC component existing in the analog signal to be converted on lead 609 is eliminated by means of a 
capacitor 610. The resulting signal is transmitted to a first lead of a resistor 611 having a second lead respectively 

10 connected to the inverting input of an operational amplifier (OA) 614, to a first lead of a resistor 61 2 and to a first lead 
of a capacitor 61 3. The output of the latter operational amplifier is connected to a second lead of capacitor 61 3 and to 
a first lead of a resistor 617 having a second lead respectively connected to the inverting input of a second operational 
amplifier 620, to a first lead of a resistor 618, and to a first lead of a capacitor 61 9. Operational amplifier 620 has its 
output lead which is connected to a second lead of capacitor 61 9. Operational amplifier 620 has its output lead con- 

is nected to a second lead of capacitor 619 and to the D-input lead of a D-type latch 622 used as a threshold device. 
Latch 622 provides at its output leads a sequence of voltages being either equal to 5 volts (or Vcc more generally) or 
0 Volt at the rhythm of a Is clock existing at its CK input lead. An example of a circuit tor generating the latter Is clock 
is detailed in the above mentioned European patent application. A reference potential Vref being equal to half the value 
of the positive supply voltage of latch 622 is transmitted to the non inverting input of OA 614 and 620. The non-inverted 

20 Q output lead 623 of D-latch 622 is connected to a first input of a NOR gate 615 of the type 7402 well known to the 
skilled man having its second input lead receiving the fs sigma-delta clock and also an output lead connected to a 
second lead of resistor 612. The inverted output lead of latch 622 is connected to a first input of a NOR gate 621 which 
. has its second input also receiving the sigma-delta clock fs and an output lead which is connected to a second lead 
of resistor 618. It appears that the feedback signal appearing at the output of NOR gate 615 is added to the analog 

2S input AC voltage to be converted and then integrated by means of the circuit formed by OA 61 4, resistors 611 and 612 
and capacitor 613. Similarly, the feedback signal appearing at the output of NOR 621 is added to the signal at the 
output of OA 614 and integrated by means of the circuit based on OA 620, resistors 617 and 618, and capacitor 61 9. 
Thus a double-loop structure sigma-delta coder is provided allowing a very high level of signal-to-noise ratio. The 
output Q of latch 622 provides a train of sigma-delta pulses SPL which are then transmitted to the decimation circuit 

30 which has been described above in reference with figure 3. 

Referring now to figure 8, there is shown how the fs sigma-delta clock is generated, a NOR gate 702, mounted as 
an inverter, receives at its two input leads the sigma-delta clock signal (c) on lead 300 having the desired sigma-delta 
frequency value. The output of NOR gate 702 is connected to a first lead of a resistor 704, to a first lead of a resistor ■ 
703 having its second lead connected to the voltage supply (5 Volts in the preferred embodiment), and to a first input 

35 of a NOR gate 707. Resistor 704 has a second input lead which is connected to a first input of a capacitor 706 having 
a second lead connected to ground, and to the two input leads of a NOR gate 705, the output of which being connected 
to a second input of NOR 707. The output of NOR gate 707 eventually provides on a lead 308 the required fs clock. 
As explained in the above mentioned patent application, the use of NOR gates 615 and 621 which are driven at the 
rate of the fs sigma-delta clock provides a retum-to-zero of the sigma-delta code generated at the output of the D Jatch 

40 622 at every period of the sigma-delta clock whereby the sigma-delta converter becomes insensitive to the asymmetry 
of the rise and fall time of the threshold device. This results in an substantial increase of the signal-to-noise ratio. 



45 



so 
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Claims 

1. Decimation filter for converting a train of sigma-delta pulses S(i) in synchronism with a sigma-delta clock (fs) into 
a train of Pulse Coded Modulation (PCM) samples in accordance with the formula: 



3N-1 

E C(n)xS(i+ii) 
n=0 

where C(n) is the sequence of the coefficients of the decimation filter which corresponds to a determined decimation 
factor, n represents.the current element of the series defined by the formula, i represents the current indicia of the 
element S(i) of the sigma-delta pulse and N represents the decimation factor, and said PCM samples being proc- 
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essed by a Digital Signal Processor, DSP; 

said filter further comprising: 

first means (404) for storing a digital value representative of the DC component introduced during the sigma- 
delta coding process, said digital value being computed by said DSP processor during an initializing phase; 

second means (404) operating after said initialization period for subtracting said digital value from each of said 
PCM samples in order to generate a resulting sequence of PCM samples in which the DC component is being 
suppressed; 

characterized In that it further comprises: 

third means for detecting a saturation condition occurring In the suppressed PCM samples, said saturation 
condition corresponding to a maximum analogue value being reached, 

and, in response to the detection of said saturation condition, transmitting a predetermined PCM sample to 
said Digital Signal processor, DSP. 

Decimation filter according to claim 1 characterized in that it further comprises: 

- counting means (321 , 331 , 341 ) driven by said sigma-delta clock (fs) and which is continuously incremented 
by one during N sigma-delta clock pulses, then decremented again by one during N following sigma-delta 
clock pulses for generating an incrementation parameter (DELTA(n)), 

- storingmeans (320, 330, 340) for storing the value of the coefficient C(n) of said decimation filterto be multiplied 
by the next input sample S(i+n) to be processed, 

means (327, 337, 347) active every sigma-delta clock period for incrementing said storing means (320, 330, 
340) with said incrementation parameter (DELTA(n)), 

means (323, 333, 343) for deriving from the contents C(n) of said storing means (320, 330 340) and from the 
train of sigma-delta samples S(i+n) one PCM sample every 3xN input sigma-delta samples. 

Decimation filter according to claim 2 characterized in that it includes three computing means (350, 360, 370) 
respectively driven by a set of three phase-delayed clocks derived from said sigma-delta clock (fs), each of said 
computing means (350, 360, 370) computing one PGM sample from a sequence of 3xN consecutive input sigma- 
delta pulses. 

Decimation filter according to claim 3 characterized in that 

said counting means (321, 331, 341) has a control lead and performs an incrementation by one when said 
control lead is at a first logical level and conversely performs a decrementation by two when said control lead 
Is at a second logical level, and that each of said three computing means (350, 360, 370) includes: 

- a first register (320. 330, 340) for storing the value C(n) of the coefficient to be multiplied by the next sigma- 
delta input sample S(i+n), 

adding means (327, 337, 347) active every sigma-delta clock period for adding the contents of said counting 
means with the contents of said first register (320, 330, 340) in order to compute the following coefficient C 
(n+1) to be loaded into said first register (320, 330, 340). 

Decimation Filter according to claim 4 characterized in that each of said three computing means (350, 360, 370) 
further includes: 

multiplying means (323, 333, 343) connected to said first register (320, 330, 340) and receiving said train of 
sigma-delta pulses for computing at every period of the sigma-delta clock (fs) the product C(n)xS(i+n) , 
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a second register (322, 332, 342) continuously incremented by the resultof said multiplying means. 

6. Decimation filter according to claim 1 characterized in that it further includes: 

means (321 , 327, 331 , 337, 341 , 347) for generating said sequence C(n) corresponding to a determined dec- 
imation factor, 

multiplying means (323, 333, 343) for multiplying each coefficient C(n) of said sequence by a sigma-delta input 
sample S(i+n), 

* ■ ■* 
means for detecting the occurrence of the coefficient C(3xN-1 ) which is equal to zero, 

means (311 , 31 2, 31 3) responsive to the detection of said coefficient C(3xN-1 ) for shifting of one sigma-delta 
clock pulse the initiating of the computing process of the next PCM pulse in order to provide a phase control 
of the generation of the PCM samples. 

7. Decimation filter according to claim 6 characterized in that it further includes three computing means (350, 360, 
370) receiving said sigma-delta clock (fs), each of said computing means (350, 360, 370) computing one PCM 
sample from a sequence of 3xN consecutive input sigma-delta pulses, each of said computing means including: 

counting means (321 , 331 , 341 ) having a reset lead and control lead (391 , 393, 395) for performing either an 
incrementation by one or a decrementation by two according to the state of said control lead, 

a first register (320, 330, 340) for storing the value C(n) of the coefficient to be multiplied by a corresponding 
sigma-delta sample S(i+n), 

adding means (327, 337, 347) active every sigma-delta clock period for adding the contents of said counting 
means with the contents of said first register (320, 330, 340) in order to compute the following coefficient to . 
be loaded into said first register, 

means for respectively generating control and reset signals for said counting means (321 , 331 , 341 ) in order 
to provide in said computing means the generation of the sequence of coefTicient C(n) corresponding to said 
determined decimation factor. 

6. Decimation filter according to claim 7 characterized in that it further Includes: 

means responsive to said determination for shifting of one sigma-delta clock pulse the generation of one PCM 
pulse thereby transmitting the phase correction to said PCM clock. 

means for resetting the counting means (321, 331, 341) included into the computing means (350, 360, 370) 
which has just completed the computation of one PCM sample on the occurrence of said phase correction, 

means for delaying the synchronization of said control signal of the two computing means (360, 370) which 
are still in progress until the full completion of the corresponding PCM sample calculation. 

9. A/D converter using the decimation-filter according to any one of claim 1 -8 characterized in that it includes a double- 
loop sigma-delta coder. 

10. A/D converter according to claim 9 characterized in that said sigma-delta.coder includes a threshold device (622) 
for generating an output and feedback signal, a filter (614, 620) receiving said analog input signal and said output 
and feedback signal by means of at least one feedback loop, 

means (615, 621) located in said at least one feed-back loop for performing a return-to-specified-Iogical-state of 
the sigma-delta code generated by said threshold device at every period of the sigma-delta clock whereby the 
converter Is insensitive to the asymmetry of the rise and fall time of the threshold device. 

11 . A/D converter according to claim 1 0 characterized in that it further includes: 

a first integrator (614, 613, 611) receiving said analog input signal coming from said telephone line, and a first 
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feedback signal coming from a first feedback loop, 

a second integrator (620, 617, 618, 619) receiving the analog output of said first integrator and a second 
feedback signal coming from a second feedback loop and liaving an output lead connected to said threshold 
s device, 

first means (615, 608) for performing a retum-to-zero of the feedback signal conveyed through said first feed- 
back loop to said first integrator, 

- second means (621, 608) for perfomning a return-to-zero of the feedback signal conveyed through said second 
feedback loop to said second integrator. 

12. A/D converter according to claim 11 characterized in that said first and second means for performing a return-to- 
zero of the feedback signals conveyed through the both feedback taop comprises NOR gates (61 5, 621 ) connected 
to said threshold device (622) and receiving said sigma-delta clock. 

13. A/D converter according to claim 12 characterized in that said sigma-delta converter further includes: 

a latch (622) clocked by a sigma-delta clock (fs) for generating a sigma-delta code at a first output lead and 
^0 an inverted sigma-delta code at a second output lead, 

a first integrator (614, 611 , 612, 613) receiving the analog signal from a telephone line to be converted and a 
first feedback signal coming from a first NOR gate (615) having a first input connected to said clock and a 
second input connected to said first output of said latch (622), 

25 

a second integrator (620, 61 7, 61 8, 61 9) receiving the output signal of said first integrator and a second feed- 
back signal coming from a second NOR gate (621 ) having a first input receiving said clock and a second input 
connected to said second output of said latch (622). 

30 14. Data Circuit Terminating equipment (DCE) using the A/D converter according to claim 9. 



Patentanspruche 

35 1 . Dezimationsfilter zur Umsetzung einer mit einem Sigma-Delta-Takt (fs) synchronen Folge von Sigma-Delta-lmpul- 
sen S(i) in eine Folge von pulscodemodulierten (PCM) Abtastwerten gema3 der Formel: 

3N-1 

I C(n)xS(i + n) 
n = 0 

wobei C(n) die Folge der Koeffizienten des Dezimationsfilters ist, die einem vorbestimmten Dezimationsfaktor 
45 entspricht, n das momentane Element der durch die Formel gebildeten Folge darstellt, i die momentane Stelle 

des Elements S(i) des Sigma-Delta-lmpulses darstellt und N den Dezimationsfaktor darstellt und wobei die 
PCM-Abtastwerte durch einen digitalen Signalprozessor DSP verarbeitet warden; 

wobei das Filter daruber hinaus umfaBt: 

50 

erste Mittel (404) zum Speichern eines Digitalwerts, der den wahrend des Sigma-Delta-Godierungsvorgangs 
eingefuhrten Gleichanteil darstellt, wobei der Digitalwert wahrend einer Initialisierungsphase durch den DSP- 
Prozessor berechnet wird; 

zweite Mittel (404), die nach der Initialisierungsperiode wirksam sind, zum Subtrahieren des digitalen Werts 
von jedem der PCM-Abtastwerte, um eine Ausgangsfolge von PCM-Abtastwerten zu erzeugen, in welcher 
der Gleichanteil unterdruckt ist; 
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dadurch gekennzeichnet, daB es daruber hinaus umta3t: 

dritte Mittel zum Feststellen eines in den unterdruckten PCM-Abtastwerten auftretenden Sattigungszustands, wo- 
bei der Sattigungszustand einem erreichten maximalen Analpgwert entspricht, und zum Ubertragen eines vorbe- 
stimmten PCM-Abtastwerts an den digitalen Signalprozessor DSP in Antwort auf die Feststellung des Sattigungs- 
zustands. 

Dezimationsfilter nacli Anspruch 1 , dadurcli gekennzeichnet, daB es daruber iiinaus umfaBt: 

Zahlmittel (321 , 331 , 341), die durch den Sigma-Delta-Takt (ts) gesteuert werden und die wahrend N Sigma- 
De{ta-Taklimpulsen fortlaufend urn eins inkr'ementiert werden und dann wahrend N folgenden Signria-Delta- 
Taktimpulsen urn eins dekrementiert werden, um einen Inkrementparameter (DELTA(n)) zu erzeugen, 

Speichermittel (320, 330, 340) zum Speichern des mit dem nachsten zu verarbeitenden Eingangsabtastwert 
S(i + n) zu multiplizierenden Werts des Koeffizienten C(n) des Dezimationsfilters, 

Mittel (327, 337, 347), die wahrend jeder Sigma-Delta-Taktperiode aktiv sind, zum Inkrementieren der Spei- 
chermittel (320, 330, 340) mit dem Inkrementparameter (DELTA(n)), 

Mittel (323, 333, 343) zur Bildung eines PCM-Abtastwerts nach jeweils 3 x N Sigma-Delta-Eingangsabtast- 
werten aus dem Inhalt C(n) der Speichermittel (320, 330, 340) und aus der Folge von Slgma-Delta-Abtast- 
werten S(i + n). 

Dezimationsfilter nach Anspruch 2, dadurch gekennzeichnet, daB es drei Berechnungsmittel (350, 360, 370) ent- 
halt, die jeweils durch eine Gruppe von drei phasenverschobenen, vom Sigma-Delta-Takt (fs) abgeleiteten Takt- 
signalen gesteuert werden, wobei jedes der Berechnungsmittel (350, 360, 370) aus einer Folge von 3 x N aufein- 
anderfolgenden Sigma-Delta-Eingangsimpulsen einen PCM-Abtastwert berechnet. 

Dezimationsfilter nach Anspruch 3, dadurch gekennzeichnet, daB 

die Zahlmittel (321, 331, 341) eine Steuerklemme aufweisen und eine Inkrementierung um eins ausfuhren, 
wenn die Steuerklemme auf einem ersten logischen Pegel llegt, und umgekehrt eine Dekrementierung um 
zwei ausfuhren, wenn die Steuerklemme auf einem zweiten logischen Pegel llegt, und daB jedes der drei 
Berechnungsmittel (350, 360, 370) enthalt: 

ein erstes Register (320, 330, 340) zum Speichern des Werts C(n) des mit dem nachsten Sigma-Delta-Ein- 
gangsabtastwert S(i + n) zu multiplizierenden Koeffizienten, 

Addiermittel (327, 337, 347), die wahrend jeder Sigma-Delta-Taktperiode aktiv sind, zum Addieren des Inhalts 
der Zahlmittel zum Inhalt des ersten Registers (320, 330, 340), um die folgenden, in das erste Register (320, 
330, 340) zu ladenden Koeffizienten C(n + 1 ) zu berechnen. 

Dezimationsfilter nach Anspruch 4, dadurch gekennzeichnet, daB jedes der drei Berechnungsmittel (350, 360, 
370) daruber hinaus enthalt: 

Multipliziermittel (323, 333, 343), die mit dem ersten Register (320, 330, 340) verbunden sind und die Folge 
von Sigma-Delta-lmpulsen emptangen, um in jeder Periode des Sigma-Delta-Takts (fs) das Produkt C(n) x S 

(i + n) zu berechnen, 

ein zweites Register (322, 332, 342), das fortlaufend mit dem Ausgangswert der Multipliziermittel inkrementiert 
wird. 

Dezimationsfilter nach Anspruch 1, dadurch gekennzeichnet, daB es daruber hinaus enthalt: 

Mittel (321, 327. 331, 337, 341. 347) zum Erzeugen der einem vofbestimmten Dezimationsfaktor entspre- 

chenden Folge C(n), 

Multipliziermittel (323, 333, 343) zum Multiplizieren jedes Koeffizienten C(n) der Folge mit einem Sigma-Delta- 
Eingangsabtastwert S(i + n). 
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Mittel zum Feststellen des Auftretens des Koeffizienten C(3 x N - 1), der glelch Null ist, 

- Mittel (311. 312, 313), die auf die Feststellung des Koeffizienten C(3 x N - 1) ansprechen, zum Verschieben 
des Beginns des Berechnungsvorgangs des nachsten PCM-lnnpulses urn einen Sigma-Delta-Taktimpuls, um 
eine Phasensteuerung fur die Erzeugung der PCM-Abtastwerte bereitzuslellen. 

Dezimationsfilter nach Anspruch 6, dadurch gekennzeichnet, da3 es daruber hinaus drei Berechnungsmittel (350, 
360, 370) enthalt, die den SIgma-Delta-Takt (fs) empfangen, wobei jedes der Berechnungsmittel (350, 360, 370) 
einen PCM-Abtastwert aus einer Folge von 3 x N aufelnanderfolgenden Sigma-Delta-Eingangsimpulsen berech- 
net, wobel jedes der Berechnungsmittel enthalt: 

- Zahlmittel (321 , 331 , 341 ) mit einer Rucksetzklemme und einer Steuerklemme (391 , 393. 395) zum Austuhren 
entweder einer Inkrementierung um eins oder einer Dekrementierung um zwel gema3 dem Zustand der Steu- 
erklemme, 

ein erstes Register (320, 330, 340) zum Speichern des Werts C(n) des mit einem entsprechenden Sigma- 
Delta-Abtastwert S(i + n) zu multiplizlerenden Koeffizienten, 

Addiermittel (327, 337, 347), die wahrend jeder Sigma-Delta-Taktperiode aktiv sind, zum Addieren des Inhalts 
der Zahlmittel zum Inhalt des ersten Registers (320, 330, 340), um den folgenden, In das erste Register zu 
ladenden Koeffizienten zu berechnen, 

Mittel jeweils zum Erzeugen von Steuer- und RQcksetzsignalen fur die Zahlmittel (321 , 331 , 341 ), um in den 
Berechnungsmittein fur die Erzeugung der Folge von dem vorbestimmten Dezimationsfaktor entsprechenden 
Koeffizienten C(n) zu sorgen. 

Dezimationsfilter nach Anspruch 7, dadurch gekennzeichnet, daB es daruber hinaus enthalt: 

Mittel, die auf die Feststellung ansprechen, zum Verschieben der Erzeugung eines PCM-lmpulses um einen 
Sigma-Delta-Taktimpuls, um dadurch die Phasenkorrektur des PCM-Taktes zu ubertragen, 

Mittel zum Rucksetzen der Zahlmittel (321, 331, 341), die in demjenigen Berechnungsmittel (350, 360, 370) 
enthalten sind, das die Berechnung eines PCM-Abtastwerts beim Auftreten der Phasenkorrektur beendet hat, 

Mittel zum Verzogem der Synchronisation des Steuersignals derjenigen beiden Berechnungsmittel (360, 370), 
die noch welter arbeiten, bis zum vollstandigen Beenden der entsprechenden Berechnung des PCM-Abtast- 
werts. 

A/D-Umsetzer unter Verwendung des Dezimationsfi Iters nach irgendelnem der Anspruche 1 bis 8, dadurch ge- 
kennzeichnet, da3 es einen Zweikrels-Sigma-Delta-Codierer enthalt. 

A/D-Umsetzer nach Anspruch 9, dadurch gekennzeichnet, da3 der SIgma-Delta-Codierer ein Schwellwertelement 
(622) zum Erzeugen eines Ausgangs- und RQckkopplungssignals enthalt, ein Filter (614, 620), welches das ana- 
loge Eingangssignal und das Ausgangs- und Ruckkopplungssignal mittels wenigstens eines Ruckkopplungskrei- 
ses empfangt, 

Mittel (615, 621). die in wenigstens einen Ruckkopplungskreis angeordnet sind, zum Bewlrken einer ROckkehr zu 
einem bestimmten logischen Zustand des durch das Schwellwertelement erzeugten Sigma-Delta-Codes bei jeder 
Periode des Sigma-Delta-Taktes, wobei der Umsetzer unempfindlich gegen die Asymetrie der Anstiegs- und Ab- 
fallzeit des Schwellwertelements ist. 

A/D-Umsetzer nach Anspruch 10, dadurch gekennzeichnet, da3 er daruber hinaus enthalt: 

einen ersten Integrierer (614, 613, 611), der das von der Telefonleitung kommende analoge Eingangssignal 
und ein von einem ersten Ruckkopplungskreis kommendes erstes Ruckkopplungssignal empfangt, 

- einen zweiten Integrierer (620, 617, 618, 61 9), der das analoge Ausgangssignal des ersten Integrierers und 
ein von einem zweiten Ruckkopplungskreis kommendes zweites Ruckkopplungssignal empfangt und der eine 
mit dem Schwellwertelement verbundene Ausgangsklemme aufweist. 
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erste MIttel (615, 608) 7um Bewlrken einer Ruckkehr zu Null des durch den ersten RQckkopplungskreis an 
den ersten integrierer ubertragenen Ruckkopplungssignals, 

zweite Mittel (621 , 608) zum Bewirken einer Ruckkehr zu Null des durch den zweiten RQckkopplungskreis an 
5 den zweiten integrierer ubertragenen Ruckkopplungssignals. 

12. A/D-Umsetzer nach Anspruch 11 , dadurch gekennzeichnet, daB die ersten und zweiten Mittel zum Bewirken einer 
Ruckkehr zu Null der uber die beiden Ruckkopplunqskrelse ubertragenen RQckkopplungssignale NOR-Gatter 
(615, 621 ) umfassen, die mit dem Schwellwertelennent (622) verbunden sind und die den SIgma-Delta-Takt emp- 

10 fangen. , 

13. A/D-Umsetzer nach Anspruch 12, dadurch gekennzeichnet, daB der Sigma-Delta-Umsetzer daruber hinaus ent- 
halt: 

IS - ein Speicherelement (622), das durch einen Sigma-Delta-Takt (Is) taktgesteuert wird, zum Erzeugen eines 

Sigma-Delta-Codes an einer ersten Ausgangsklemme und eines invertierten Sigma-Delta-Codes an einer 
zweiten Ausgangsklemme, 

einen ersten Integrierer (614, 611, 612, 613), der das umzusetzende Analogsignal von einer Telefonleitung 
20 und ein von einem ersten NOR-Gatter (615) kommendes erstes Ruckkopplungssignal empfangt, wobei das 

erste NOR-Gatter einen mit dem Takt verbundenen ersten Eingang und einen mit dem ersten Ausgang des 
Speicherelements (622) verbundenen zweiten Eingang aiifweist, 

einen zweiten Integrierer (620, 617, 618, 619), der das Ausgangssigna! des ersten Integrierers und ein von 
25 . einem zweiten NOR-Gatter (621) kommendes zweites Ruckkopplungssignal empfangt, wobei das zweite 

NOR-Gatter einen den Takt empfangenden ersten Eingang und einen mit dem zweiten Ausgang des Spei- 
cherelements (622) verbundenen zweiten Eingang aufwelst. 

14. Datenendgerat (DCE) unter Verwendung des A/D-Umsetzers nach Anspruch 9. 

30 

Revendlcations 

1. Filtre sous-echantillonneur servant a converter un train d'impulsions sigma-delta S(i) en synchronisms avec une 
35 horloge sigma-delta (fs) en un train d'echantillons a Modulation par Codage et Impulsion (MIC) en conformite avec 

la formula 



3N-1 

40 

2 C(n)xS(i + n) 
n = 0 

45 oil C(n) est la sequence des coefficients du filtre sous-echantillonneur qui correspond a un facteur de sous-echan- 

tillonnage determine, n represente Telement courant de la serie definie par laformule et i represente I'indice courant 
des elements S(i) de Timpulsion sigma-delta et N represente le facteur de sous-echantillonnage, et lesdits echan- 
tillons modules par impulsion et codage etant traites par un Processeur de Signaux Num^riques (PSN) ; 

50 ledit filtre comprenantde plus : 

un premier moyen (404) pour memoriser une valeur numerique representative de la composante continue 
introduite pendant le processus de codage sigma-delta, ladite valeur numerique etant calculee par ledit pro- 
cesseur de signaux numerique pendant une phase d'initialisation ; 

55 

un second moyen (404) agissant apres ladite periode d'initialisation pour soustraire ladite valeur numerique 
de chacun desdits echantillons modules par Impulsion et codage afin de generer une sequence resultants 
d'echantillons modules par impulsion et codage dans laquelle la composante continue est supprimee ; 
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caract6ris6 en ce qu'il comprend de plus : 

un troisieme moyen pour detecter une condition de saturation se produisant dans les echantillons modules par 
Impulsion et codage supprimes, ladite condition de saturation correspondant a une valeur analogique maximale 
qui est atteinte, et en reponse a la detection de ladite condition de saturation, transmettre un 6chantillon moduli 
par impulsion et codage predetermine audit processeur de Signaux Numeriques, DSP. 

Filtre sous-echantlllonneur selon la revendication 1 caracterise en ce qu'il comprend de plus : 

un moyen de comptage (321 , 331 , 341 ) attaque par ladite horloge sigma-delta (fs) et qui est continuellemerit 
increments de un pendant les N impulsions d'horloge sigma-delta, puis decremente de nouveau de un pendant 
les N impulsions d'horloge sigma-delta suivantes pour generer un parametre d'incrementation (DELTA(n)), 

un moyen de memorisation (320, 330, 340) pour memoriser la valeur du coefficient C(n) dudit filtre sous- 
6chantillonneur qui doit §tre multiplle par T^chantillon d'entree suivant S(i+n) qui doit etre traits, 

un moyen (327, 337, 347) active a chaque periode d'horloge sigma-delta pour incrementer ledit moyen de 
memorisation (320. 330, 340) avec ledit paramdtre d'incrementation (DELTA(n)), 

un moyen (323, 333, 343) pour obtenir k partir des contenus C(n) dudit moyen de memorisation (320, 330, 
340) et a partir du train des echantillons sigma-delta S(l+n) un echantillon module par Impulsion et codage k 
chaque 3xN echantillons sigma-delta en entree. 

Filtre sous-echantlllonneur selon la revendication 2, caracterise en ce qu'il comprend trols moyens de calcul (350, 
360, 370) respectivement attaques par un ensemble de trois horloges a phase retardee obtenues a partir de ladite 
horloge sigma-delta (fs), chacun desdits moyens de calcul (350, 360, 370) calculant un echantillon module par 
impulsion et codage a partir d'une sequence de 3xN impulsions sigma-delta en entree consecutives. 

Filtre sous-echantillonneur selon la revendication 3, caracterise en ce que 

ledit moyen de comptage (321, 331 , 341) comporte un conducteur de commande et effectue une incremen- 
tation de un lorsque ledit conducteur de commande est k un premier niveau logique et k I'oppose effectue 
une decrementation de deux lorsque ledit conducteur de commande est a un second niveau logique et en ce 
que chacun desdits trois moyens de calcul (350, 360. 370) comprend : 

un premier registre (320, 330, 340) pour memoriser la valeur C(n) du coefficient qui doit §tre multiplie par 
rechantillon d'entree sigma-delta suivant S(i+n), 

un moyen d'additlon (327, 337, 347) active a chaque periode d'horloge sigma-delta pour additlonner les con- 
tenus dudit moyen de comptage avec les contenus dudit premier registre (320, 330, 340) afin de calculer le 
coefficient suivant C(n+1) qui doit etre charge dans ledit premier registre (320, 330, 340). 

Filtre sous-echantlllonneur selon la revendication 4, caracterise en ce que chacun desdits trois moyens de calcul 
(350, 360, 370) comprend de plus : 

un moyen de multiplication (323, 333, 343) connecte audit premier registre (320, 330, 340) et recevant ledit 
train d'impulsions sigma-delta pour calculer, a chaque periode de I'horloge sigma-delta (fs), le produit C(n)xS 
(i+n). 

un second registre (322, 332, 342) increments continuellement par le resultat dudit moyen de multiplication. 

Filtre sous-echantillonneur selon la revendication 1 , caracterise en ce qu'il comprend de plus : 

- un moyen (321 , 327. 331 , 337, 341 , 347) pour generer ladite sequence C(n) correspondant a un facteur de 
sous-echantillonnage determine, 

un moyen de multiplication (323, 333, 343) pour multiplier chaque coefficient C(n) de ladite sequence par un 
echantillon d'entree sigma-delta S(i+n), 
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un moyen pour detecter la presence du coefficient C(3xN-1) qui est 6ga\ k z6ro, 

un moyen (311, 312, 313) r^pondant k la detection dudit coefficient C(3xN-1) pour d6caler d'une impulsion 
d'horloge sigma-delta rinltialisation du processus de calcul de rimpulsion modul6e par codage et impulsion 
5 suivante afin de procurer une commande de phase de la generation des echantillons modules par codage et 

impulsion. 

7. Filtre sous-echantillonneur selon ia revendication 6, caracterlse en ce qu'il comprend de plus trois moyens de 
calcul (330, 340, 350) recevant ladite horloge sigma-delta (fs), chacun desdits moyens de calcul (350, 360, 370) 
10 calcuiant un echantillon module par codage et impulsion k partir d'une sequence de 3xN impulsions sigma-delta 

en entrde cons^cutives, chacun desdits moyens de calcul comprenant : 

un moyen de comptage (321 , 331 , 341 ) ayant un conducteur de remise a zero et un conducteur de commande 
(391 , 393, 395) pour effectuer soit une incrementation de un, soit une decrementation de deux cbnformement 
IS k I'etat dudit conducteur de commande, 

un premier registre (320, 330, 340) pour memoriser la valeur C(n) du coefficient qui doit etre multlpli6 par un 
echantillon sigma-delta correspondent S(i+n), 

20 - un moyen d'addition (327, 337, 347) active a chaque pe node d'horloge sigma-delta pour additionner les con- 

terius dudit moyen de comptage avec les contenus dudit premier registre (320, 330, 340) afin de calculer le 
coefficient suivant qui doit etre charge dans ledit premier registre, 

un moyen pour genSrer respectlvement des signaux de commande et de remise k z^ro pour ledit moyen de 
25 comptage (321 , 331 . 341 ) afin de delivrer audit moyen de calcul la generation de la sequence du coefficient 

C(n) correspondant audit facteur de sous-echantillonnage determine. 

B. Filtre sous-echantillonneur selon la revendication 7, caract6ris§ en ce qu-il comprend de plus : 

30 - un moyen repondant a ladite determination pour decaler d'une impulsion d'horloge sigma-delta la generation 

d'une impulsion modulee par codage et impulsion, transmettant de ce fait la correction de phase a ladite 
horloge de modulation par codage et impulsion, 

un moyen pour remettre a zero le moyen de comptage (321 , 331 , 341 ) inclus dans le moyen de calcul (350, 
35 360, 370) qui a juste acheve le calcul d'un echantillon module par codage et impulsion sur presence de ladite 

correction de phase, 

un moyen pour retarder la synchronisation dudit signal de commande des deux moyens de calcul (360, 370) 
qui sont toujours en cours de calcul jusqu'a I'achevement total du calcul d'echantillon module par codage et 
-^0 impulsion correspondant. 

9, Convertisseur analogique/numerique utilisant le filtre sous-echantillonneur selon Tune quelconque des revendi- 
cations 1 k 8, caract6ris6 en ce qu'il comprend un codeur sigma-delta k double boucle. 

^ 10. Convertisseur analogique/numerique selon la revendication 9, caracterise en ce que ledit codeur sigma-delta com- 
prend un dispositif de seuil (622) pour generer un signal de sortie et de contre-reaction, un filtre (61 4, 629) recevant 
ledit signal d'entree analogique et (edit signal de sortie et de contre-reaction au moyen d'au moins une boucle de 
contre-reaction, 

un moyen (615, 621) place dans ladite au moins une boucle de contre-reaction pour effectuer un retour a I'etat . 
so logique specific du code sigma-delta genere par ledit dispositif de seuil k chaque periode de I'horloge sigma-delta, 

d'ou il resulte que le convertisseur est insensible a I'asymetrie des temps de montee et temps de descente du 
dispositif de seuil. 
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11. Convertisseur analogique/numerique selon la revendication 10, caracterise en ce qu'il comprend de plus : 

un premier integrateur (614, 613, 611) recevant ledit signal d'entree analogique provenant de ladite ligne 
telephonique, et un premier signal de contre-reaction provenant de ladite premiere boucle de contre-reaction, 



15 



EP 0 577 902 B1 



un second integrateur (620. 61 7, 61 8. 61 9) recevant la sortie analoglque du premier integrateur et un second 
signal de contre-reaction provenant d'une seconde boucle de contre-r6actlon et ayant un conducteur de sortie 
relle audit dispositif de seuil, 

un premier moyen (615, 608) pour etfectuer un retour-a-zero dudit signal de contre-reaction achemine par 
rintermediaire de ladile premiere boucle de contre-riactlon audit premier Integrateur, 

un second moyen (621, 608) pour effectuer un retour-a-zero du signal de contre-reaction acliemine par rin- 
termediaire de ladrte seconde boucle de contre-reaction audit, second integrateur. 

2. Convertisseur analogique/numerique selon la revendication 11, caracterise en ce que lesdits premier et second 
moyens pour effectuer un retour-a-zero des signaux de contre-reaction achemines par rintermediaire des deux 
boucles de contre-reaction comprennent des portes Nl (615, 621 ) rellees audit dispositif de seuil (622) et recevant 
ladite horloge sigma-delta 

3. Convertisseur analogique/numerique selon la revendication 12, caracterise en ce que ledit convertisseur sigma- 
delta comprend de plus : 

une bascule (622) declench6e par une horloge sigma-delta (fs) pour generer un code sigma-delta a un premier 
conducteur de sortie et un code sigma>delta inverse k un second conducteur de sortie, 

un premier integrateur (614, 611 , 612, 613) recevant le signal analogique d'une ligne teieplionique qui doit 
etre converti et un premier signal de contre-reaction provenant d'une premiere porte Nl (615) ayant une pre- 
miere entree reliee a ladite horloge et une seconde entree reliee a ladite premiere sortie de ladite bascule (622), 

un second integrateur (620, 617, 618, 619) recevant le signal de sortie dudit premier integrateur et un second 
signal de contre-reaction provenant d'une seconde porte Nl (621) ayant une premiere entree recevant ladite 
horloge et une seconde entree reliee k ladite seconde sortie de ladite bascule (622). 

4. Equipement de Terminaison de Circuit de Donnees (ETCD) utillsant le convertisseur analogique/numerique seion 
la revendication 9. 
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